The position of Hong Kong as a financial and commercial center of southeast Asia depends critically on telecommunications. Currently a welldeveloped telecommunication infrastructure is in place providing high-quality services for both wireline and wireless communications. Hong Kong's application of wireless communicators is among the most active in the world. This has been encouraged by several factors, including the inconvenience of face-to-face communications for people on the move in a densely populated city, the relatively low cost of using wireless communications, the proactive attitude of regulators to adopting new technologies, a population that is not afraid of using new technologies to gain convenience, and strong competition among service providers. Recently, the Hong Kong Office of the Telecommunications Authority has awarded licenses for the new PCS-related services, and the government is also increasing funding support for research activities. In this article, the authors first outline Hong Kong's current regulatory and service status in wireless communications and the plan for opening up new PCS.
uring the last decade, the telecommunications industry has experienced explosive growth in wireless technology. This growth, together with recent developments in hardware miniaturization, has opened a new dimension to future wireless networks whose ultimate goal is to provide ubiquitous and universal personal communications without regard to mobility or location [1, 2] . To achieve such an objective, the next-generation personal communications networks (PCNs) will need to be able to support a very high level of user traffic along with a wide range of high-quality services.
The introduction of wireless communications to Hong Kong began in the mid-1980s, and it has now become very much a daily part of Hong Kong life. The penetration of paging services is among the highest in the world and currently exceeds 1.05 million customers served by over 30 operators. The paging market has grown almost sevenfold over the last ten years and has reached true mass market appeal. The penetration of mobile telephone services, although lower than in some Scandinavian countries, is higher than in many other developed countries. This includes 1,243,978 cellular subscribers as of January 1997, which represents a penetration of approximately 21 percent, and 907 Cordless Telephony 2 (CT-2) telepoint subscribers (down from 170,000 in December 1994).
The current CT-2 and cellular services are in the 800/900 MHz bands for which specific technologies were approved during the issue of licenses. In CT-2 services, four operators have been licensed. Although CT-2 technology was not particularly successful in other countries, it has been successful in Hong Kong and is only now beginning to be phased out as low-cost cellular services reduce its popularity. In cellular services, five licenses have been awarded to four operators. One of the major problems facing cellular operators over the past two years has been providing sufficient capacity. To combat these problems, the Office of the Telecommunications Authority (OFTA) has licensed six operators for cellular-like "personal communications services (PCS)" and up to four operators for the upgraded CT2-like "cordless access services (CAS)," both in the 1.7-2.0 GHz bands. The licensing is technology-neutral in that OFTA will not specify what technology is to be adopted.
With the introduction of PCS, a total additional cellular capacity of 1.2 million subscribers is expected. One of the important questions facing Hong Kong operators is whether such a subscriber base can be expected in the next five years. Conservative market predictions suggest that such expectations are unlikely in this time frame. However, a number of specific conditions in Hong Kong are used to rebuke these kinds of conservative market predictions. These are, namely, that in Hong Kong the high population density and small living areas imply that people are frequently on the move and away from home. It is thought that for this reason pagers and CT-2 have become popular here. Using similar lines of reasoning, it would not be unexpected that when lower prices for PCS appear, higher than expected demand may result. By any standard, it is fair to say that Hong Kong people are already enjoying some forms of wireless personal communications, and they will help define future personal communications as new services are introduced.
Among many challenging engineering tasks of wireless communications, there exist two fundamental limitations imposed by the radio channel: transmission bandwidth limitation caused by multipath propagation, and co-channel interference caused by frequency reuse. These limitations create incompatibility between wired and wireless networks, which makes a pure wireless "information superhighway" unrealistic. However, wireless "access" to the information superhighway is
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not impossible if these physical-layer limitations were properly addressed by applying communication techniques, signal processing methods, and integrated circuit technologies. At the Hong Kong University of Science and Technology (HKUST), a group of about ten faculty members are conducting research on methods to support reliable wireless access, including propagation environment characterization, radio resource management, high-speed transmission techniques, and wireless integrated circuits.
The organization of this article is as follows. In the second section, we describe in greater detail the current Hong Kong regulatory and service status in wireless communications and its plan for providing future personal communications. The third section presents some sample research activities being conducted at HKUST. Finally, the fourth section is the concluding section.
Wireless Personal Communications in Hong Kong
H ong Kong's mobile telecommunications market is one of the most advanced and competitive in the world. Over the past three years, several important developments have occurred [3, 4] . Many of them prove that coexistence of multiple technologies is possible, and innovative packaging of services is usually the edge for market success.
OFTA
On July 1, 1993, the Hong Kong government established a new telecommunications regulatory body, the Office of the Telecommunications Authority, headed up by Alex Arena, the territory's first Director General of Telecommunications. OFTA was given responsibility for the economic and technical regulation of Hong Kong's telecommunication sector and the management of the use of the radio spectrum. It also was given an advisory role to government with regards to telecommunications matters and charged with the responsibility for monitoring the technical standards of radio and television broadcasts. OFTA also was given responsibility for approval of radio equipment, processing of licensing applications, and investigation of radio interference.
OFTA initiated a thorough review of the overall state of mobile and wireless communications in Hong Kong. Under its regulation, wireless communication in Hong Kong is provided on a competitive basis. Licensing has been performed by OFTA by inviting proposals and then evaluating them against a set of predetermined and published criteria.
Cellular Services
Cellular phone penetration temporarily slowed down in 1993 due to a lack of radio spectrum for the analog networks. The introduction of digital services, an important development in this sector in the past three years, changed the market dramatically.
Pacific Link was the first to launch a digital network in Hong Kong and the region, introducing IS-54 time-division multiple access (TDMA) service in October 1992. SmarTone followed in February 1993 with the launch of its Global System for Mobile Communications (GSM) network, again a regional first. Six months later, Hongkong Telecom launched its GSM network. Hutchison Telephone launched its GSM network in May 1995, followed by the first-ever commercial deployment of IS-95 code-division multiple access (CDMA) services on September 28, 1995. Today digital networks account for approximately 97 percent of the customer base. As of April 1996 Hongkong Telecom CSL was the market leader, with a 30 percent share, followed by Pacific Link with 28 percent, SmarTone with 26 percent, and finally, Hutchison with 16 percent.
Consumer acceptance of digital networks has been strong. One cause of the surge in demand was a drop in handset prices. GSM handsets plummeted 50 percent in 1994, and this trend is continuing with discount retailers popping up everywhere in Hong Kong. Ultimately, all the digital cellular networks will wind up with 7.5 MHz of radio spectrum by 1998.
Hongkong Telecom CSL has already implemented additional in-building microcells in an attempt to add capacity to its GSM network. One significant development was the recent launch of Pacific Link's "Walking Phone" service in the first quarter of 1995, aimed at CT2 users frustrated by CT2's distance and switching limitations. Hutchison responded by launching its CallPhone service in June 1995, offering handsets and service rates higher than, but competitive with, Pacific Link's.
CT2
CT2 succeeded to a reasonable degree in Hong Kong despite receiving poor consumer acceptance elsewhere. This was possible due to providing fair coverage at street level in busy commercial centers and also by innovative engineering to allow reception of incoming calls. The CT2 and paging markets synergistically benefited each other. The three major CT2 operators were Hutchison Tien Dey Seen, Chevalier Telepoint, and Pacific Telelink. At the peak in December 1994, there were 170,000 CT-2 customers.
However, in the past 12 months inexpensive cellular services have caused a major migration of CT2 subscribers to cellular. In June 1996, Chevalier closed its CT2 network and moved its customers to SmarTone's GSM network. Similar moves are predicted for the remaining operators.
Wireless Data Services
In 1994 Motorola established its Motorola Air Communications operation to offer wireless data transfer services, including fax, on-line financial data, and CompuServe services. The service is based on a 19.2 kb/s network with Hong Kong the first of what Motorola hopes will be many Motorola Air Communications sites around the world. Motorola Air Communications launched its Max service in Hong Kong in May 1995. The network is based around Motorola's DataTAC 5000 cellular data network. The Max service allows users of personal digital assistants and palmtop and notebook computers to run various wireless applications through a combination of a Motorola Personal Messenger 100D, a wireless Personal Computer Memory Card Industry Association (PCMCIA) data modem capable of transmitting data at speeds of up to 19.2 kb/s, and software. The hardware/software package is called Max 1.0. These applications include electronic mail, faxing, and access to stock market transactions. The Max 1.0 package also bundles in personal productivity tools and utilities such as online wireless telephone and appointment books, and status indicators for signal strength, charges, and usage rates. There is a version of the software that operates under Windows and another that operates with the Hewlett-Packard Palmtop Systems Manager on 200LX palmtop computers. At present, all data and faxes are routed through the DataTAC 5000 network, and each Max user is assigned his own Internet e-mail address. A user cannot, for example, dial into another service provider with whom he has an account. An upgrade is being planned that will allow users to dial directly into Internet service providers and electronic bulletin boards, or send and receive faxes directly. In addition the upgrade, Max 1.1, will allow users to send and receive e-mail from local area network (LAN)-based systems and send messages to pagers. Motorola also plans to introduce voice mail services through Max by the end of the year. Further down, Motorola revealed plans to allow Max to operate in wireless LAN environments and two-way Chinese character messaging.
In addition, Motorola, which has invested US$40 million in the Hong Kong network, plans to link the Hong Kong network with DataTAC 5000 networks that have been established in Singapore, Malaysia, Thailand, and Australia to provide roaming wireless data services. AsiaPAC Radio Data Net, a consortium of Asian telecommunications carriers founded by Motorola Air Communications, is handling the integration.
A range of wireless applications is already being developed for Max. The first to market will be AirBroker, an application being developed by Sun Hung Kai and Reuters that will provide minute-by-minute updates on financial data from international stock exchanges. The U.S. firm RadioMail, which provides wireless messaging services, plans to introduce messaging and paging services through Max in Hong Kong.
Motorola will charge subscribers based on the amount of data transferred through the network. It announced four rate packages, including a four-month promotional package where users pay HK$688 for unlimited usage. After the promotion period ends, subscribers will have to pay a HK$500 registration fee and choose the rate plan. The first costs HK$200 and allows users to transmit 225 free 512 kb packets. A second package costs HK$400 and allows the transmission of 500 free packets, while a third costs HK$700 and lets users send 1000 free packets.
PCS
In August 1996 the government awarded six new PCS licenses in the 1.8-2 GHz band after extensive discussion at the Joint Liaison Group, which comprises government officials from both China and Britain. The successful consortia were Hutchison Telephone, Mandarin Communications, New World PCS, P-Plus Communications, Pacific Link Communications, and the People's Telephone Company. Services are expected to start being offered in 1997. Each of the new PCS operators will get two blocks of 5 MHz of spectrum, with additional capacity to be allocated later according to demonstrated need. The capacity of the spectrum allocated for the PCS is estimated to be 1.2 million.
Fourteen consortia bid for the PCS licenses, including all four cellular services providers and eight others. It was significant that Hongkong Telecom CSL did not receive a license. While the exact nature of the proposals has not been revealed, it is known that the bids focused on value-added services such as call waiting, call forwarding, automatic updates of quickdial numbers, and integration with retail marketing programs (e.g., proactive advertising whereby a promotional message can be sent to a PCS handset).
According to the OFTA, licensees were chosen on the basis of consumer benefit and effective spectrum utilization. Moreover, the regulatory body has taken a technology-neutral approach in its evaluations, unlike its review of digital cellular, where it granted licenses for U.S. and European standards.
Four licenses for CAS are also to be awarded, and, while they will provide services similar to CT2, they may provide additional features such as the capability to receive calls and handoff between cells (low-tier PCS [5] In the area of wireless communications, the most pressing problems facing operators was increasing the capacity of the network within the fixed spectrum allocations in the 800-900 MHz band and later in the PCS bands. Consequently, one of our immediate research areas was to investigate methods for increasing this capacity by improving wireless access, propagation characterization [6] [7] [8] , and radio resource management. More forward-looking research has also been initiated, including adaptive antennas [9, 10] , high-speed transmission techniques [11] , and wireless integrated circuits.
Propagation Characterization
One of the driving forces for propagation characterization in Hong Kong has been to improve indoor wireless access and also increase capacity. The demand arises because many subscribers are finding it convenient to have access to mobile telephone services from streets, office buildings, shopping malls, and train stations. Such demand is further accentuated in Hong Kong, where many subscribers are pedestrians who may rarely use private transport. Consequently, we have been actively researching microcell and indoor propagation prediction [6, 7] .
Indoor radio coverage can generally be provided by either locating a conventional base station antenna inside (or near) the building or utilizing distributed antennas. In the former approach, currently the most popular, the position of the base station antenna becomes an important parameter since it greatly affects the radio coverage area obtained. Currently the method for determining the most suitable position for the antenna is by trial and error; that is, viable antenna positions are selected, and then the coverage area is physically measured for each in order to determine the most suitable location. Such procedures have become time-consuming and expensive; thus, the development of indoor propagation prediction computer tools is seen as a possible means of reducing this time and expense.
The basis of the development of these indoor propagation prediction planning tools is the creation of an accurate indoor propagation model. In the following, we introduce a new empirical model for performing propagation prediction. The model incorporates much of the propagation phenomena suggested by electromagnetic theory, such as UTD, but still retains the straightforwardness of the empirical method. The reason we have taken this approach is to improve the accuracy of the empirical methods while still retaining their computational efficiency. In this way, we can hopefully use our model for automatically determining the optimum location of base stations [8] .
We first provide the necessary background and details for our new empirical model, followed by the results of comparing these to our new empirical model and a brief conclusion.
New Propagation Prediction Model -Empirical or statistical models of indoor propagation have frequently been based on characterizing propagation in a similar way to that which occurs in free space [12] . That is, path loss is written as a function which increases exponentially with distance between the transmitter and receiver. Additional loss is then included for each floor and wall between the transmitter and receiver.
Before attempting to proceed with this approach, however, it is necessary to formally define path loss. Here we find it convenient to define path loss as
where P Rx (d) is the received power at distance d from the transmitter. The reference distance d 0 , which here is 1 m, is utilized to normalize the path loss to that which occurs at a distance d 0 from the transmitter, so only propagation effects are included in Eq. 1 [13] . Using Eq. 1 for path loss, the empirical models then typically take the form (2) where P and Q are the number of walls and floors between the transmitter and the receiver, respectively. The empirical parameters n, WAF(p), and FAF(q) are termed path loss exponent, wall attenuation factor, and floor attenuation factor, respectively. The value of these parameters is determined by best fitting Eq. 2 to measurement data.
The model of Eq. 2 can perform well in certain circumstances; however, it suffers from limitations. It does not include such effects as distance dependence of propagation, angle dependence of the WAF and FAF, and diffraction. In an attempt to address these limitations of Eq. 2, models based on ray-tracing techniques like UTD have been suggested. A restriction on this approach, however, is that the computation time becomes large and can be on the order of hours for propagation prediction for just one transmitter location. Further tweaking of the permittivity constants is sometimes employed in order to get a good match with the measurement results, reducing them to empirical-like models anyway.
It would consequently seem sensible to take a step back from ray tracing in order to retain the straightforwardness of the empirical approach while still incorporating some of the important additional propagation phenomena. The advantage of this is that the computation time of the resulting model would be kept low without a significant reduction in prediction accuracy. This also implies that it may be possible to produce good predictions in buildings when few measurement results are available and fitting or optimization cannot first be performed. A number of propagation effects suggested by electromagnetic techniques such as UTD can be incorporated into Eq. 2 without adding significantly to the computational time while improving on its accuracy. The details of these additions are described in the following sections.
Distance and Angle Dependence of Propagation Loss -
The first additional propagation phenomenon we wish to incorporate concerns the distance dependence of propagation loss in the indoor environment. It is observed that propagation loss as a function of distance has two distinct regions [14, 15] . In the first region, which is within 5-15 m of the transmitter, propagation loss is less than that occurring in free space. At distances further away in the next region, the propagation loss increases significantly as the electromagnetic waves become obstructed by the walls or floors of the building's rooms. The distance at which this transition in propagation loss occurs is referred to here as the breakpoint. This terminology is borrowed from microcells, where a similar effect is observed [16] .
The breakpoint d bp can be determined by considering the size of the first Fresnel zone at distance d from the transmitter and determining at what distance it will become obstructed. The size of the first Fresnel zone at distance d from the transmitter is approximately given by Consequently, in a corridor of width 1.5 m it will be obstructed at distances greater than about 5 m for frequencies around 900 MHz. In rooms where there is more clear space, the first Fresnel zone will be obstructed by the ceiling or floor, and this will occur at about 15 m from the transmitter. To keep our model simple we propose to simply take the average of these values and use 10 m for the breakpoint d bp in all situations, and the path loss exponent either side of the breakpoint to be n 1 = 1 and n 2 = 2.5. The low value for the parameter n 1 can be accounted for by guiding effects within corridors and also antenna effects caused by the finite width of the mainlobe.
The next propagation effect we wish to incorporate into our new empirical model is dependence of the WAF(p) and FAF(q) on the angle at which rays are incident on the walls or floors. To quantify the dependence of the WAF(p) and FAF(q) on the angle of incidence, we have investigated theoretically the loss that can be expected for a variety of wall types. One important observation of these theoretical results is that at grazing incidence transmission is zero, implying an infinite path loss [14, 15, 17] . The essence of these results can be retained by using a simple approximation. At grazing incidence we set transmission to be zero (infinite path loss), while at normal incidence we take transmission as the value of WAF(p) or FAF(q) that was originally obtained from propagation measurements with Eq. 2. At angles between grazing and normal incidence we interpolate these values using a cosine function as WAF(p)/cos θ p , where the WAF(p) (in dB) is taken as the attenuation factor at normal incidence, and θ p is the angle of incidence at the pth wall.
By incorporating this distance and angle dependence into the empirical model of Eq. 2, we arrive at an improved model with very little increase in computational effort. The resulting model is given by (3) where WAF(p) and FAF(q) are the values of the attenuation factors at normal incidence, and the θ p and θ q are the angles between the pth wall and qth floor, respectively, and the straight-line path joining the transmitter to the receiver. The subscript ∠ is used on PL to indicate that it is the path loss when the angle of incidence to the wall and the distance dependence of propagation are taken into account, and U(·) is the standard unit step function.
Diffraction from Corners -The last additional propagation effect we would like to include in our new empirical model is approximate modeling of indirect paths of propagation. As already stated, Eq. 2 is based on modeling propagation, pri-
marily by the straight line or direct path between the transmitter and receiver. In practice, this will not always yield good prediction results since propagation guided by corridors will sometimes provide an indirect path, which may be significantly greater than the propagation loss predicted from the straight line path between the transmitter and receiver. In our new model the method by which we try to compensate for the indirect path is to utilize one level of diffraction from corners or edges in the building. Multiple reflections will also contribute to the indirect path, but here we do not consider them and hope the diffracted paths will be enough to increase accuracy sufficiently.
The information required to calculate diffraction is the location of corners within the building. This information can be included in the site-specific database in a similar way to information required about the location of walls and floors for Eq. 2. Multiple diffractions between corners are not utilized, so the computation time is not going to be significantly increased from Eq. 3. To formally add diffraction to our model we invoke the diffraction coefficients for perfect electrical conductors under UTD in the standard way. With these coefficients we can then write our new model as (4) where M is the number of corners in the building database; d m and φ m refer, respectively, to the distance and angle from the transmitter to the mth corner, while d′ m and φ′ m refer to the distance and angle from the mth corner to the receiver; and D(·) is the diffraction coefficient [16] . PL W (·) is the dimensionless quantity , and the final term in Eq. 4 takes the original straight-line path from the transmitter to the receiver into account.
Measurement and Prediction Results -
To determine the performance of our model, actual propagation measurements have been acquired in university and business building environments at both 900 and 1800 MHz, and compared to propagation predictions using the new empirical model.
Prediction results at 900 MHz for floor 2 of HKUST within both office and classroom environments over an area of 3000 m 2 /floor (with overall linear dimensions of 100 m x 60 m) are shown in Fig. 1 . The transmitter is located in a central location as marked. The contour lines are specified as power levels in dB with respect to the power 1 m from the transmitter. In Table 1 we list statistics of the error between the predictions and actual measurements in a variety of environments. Nearly all errors are less than 10 dB, and the standard deviation is less than 7 dB.
If Eq. 2 is used for the predictions, we find that significant errors occur in areas where an indirect path is dominant. For large floors with corridors, this generally occurs anywhere at distances more than 20-30 m from the transmitter.
The site-specific information for our model was obtained by using the AutoCAD files of the building plans. The method for determining n 1 , n 2 , and d bp in our predictions has already been given in the previous subsection, and the values used were n 1 =1 , n 2 = 2.5, and d bp = 10 m. The WAF(p) and FAF(q), however, are more difficult to calculate from theoretical derivations. They can, in principle, be determined from theoretical derivations; however, the theory for this is still developing, and thus we have resorted to direct measurement of these factors [18] . We performed these measurements by locating our transmitter on the fourth floor in a section of the building where ten identical rooms were adjacent to each other. We then estimated the WAF(p) from the measurements. The values for these factors are 6.6 dB for concrete 10 10 block and 2.5 dB for hollow plasterboard walls. It should be noted that one of the reasons for the significant variation of these values among the literature is that they depend on the values of the exponents n 1 and n 2 .
Conclusion -
The contribution of the research presented here is that we have presented an improved indoor empirical propagation prediction model. It is computationally efficient and provides accuracy comparable to that from ray-tracing techniques. We therefore find it well suited to automatic optimization of indoor base station locations [8] .
Radio Resource Management
The centralized prediction-based channel assignment method, which has worked reasonably well in conventional cellular radio systems, requires a central processor to gather information from all base stations in a network for resource allocation. It also requires accurate prediction of minimum frequency separations as the channel assignment constraints.
In the emerging personal communications, small-cell technology will be used to enhance system capacity. In fact, this has already been the situation in Hong Kong due to its highly concentrated population distribution around a small area near the harbor. Many cells are spaced 500 m or less. As a result, the number of base stations may become so large that a central processor will be overloaded due to a large amount of information exchange and processing. In addition, the propagation environments become so diverse that it is almost impossible to predict a design rule with desirable accuracy for separating potential interference under different conditions. These problems make centralized prediction-based channel assignment impractical in the new networks (and, in Hong Kong, even for today's networks). At HKUST, research is being conducted to provide reasonable solutions.
To evaluate the performance of different methods, a performance measure, "grade of service" (GoS), is defined as:
where the first term is the probability of a call being blocked because all traffic channels are busy, and the second term is the probability of a call being admitted using a channel with insufficient quality. For packetized access, blocking probability is replaced by packet-dropping probability. This performance measure represents the probability that an access attempt will fail because a good communication channel cannot be acquired. The goal of channel assignment is to minimize GoS. At low traffic levels, the assignment method must be able to minimize the second term since the first term is much smaller. As the traffic load increases the first term becomes dominant, and the assignment method must not be too restrictive, thus further increasing GoS. These considerations result in difficulty in imposing channel constraints. A conservative constraint yields good performance at light traffic and introduces undue blocking at high loading. It would be desirable to make the algorithm adaptive. In the following, we highlight our research which is aimed at reaching this objective with different methodologies.
Measurement-Based Distributed Channel Assignment -In this approach, the channel assignment decision is done independently by each port/portable based on the local real-time measurements. It can be implemented quasi-statically for frequency preassignment or dynamically at the portable access. For quasi-fixed assignment, radio ports take turns scanning transmissions from other ports to decide the best channels; in dynamic assignment, portables and ports monitor downlink and uplink, respectively, to jointly decide the channels at access times.
We have performed extensive computer simulations to evaluate several algorithms; detailed results are published in [19, 20] . It is found that a simple algorithm which selects the channel having the lowest interference power without imposing an interference threshold yields the best performance (lowest GoS). This algorithm, applied in either quasi-fixed or dynamic assignment, is able to adapt to the conflicting goals of traffic throughput and signal quality: in low traffic the probability of poor quality is minimized by using the "quietest" channel; in high traffic the "quietest" available channel is always chosen so that blocking occurs only after all channels are fully utilized. Compared to prediction-based assignment methods, which rely on a set of preimposed fixed constraints, our method achieves performance comparable to those using complicated near-optimal assignment algorithms [19, 20] .
Fuzzy-Logic-Based Channel Assignment -Another major effort is to study the possibility of employing fuzzy logic in the channel assignment process. Instead of relying on a conservative channel separation rule to decide whether a channel is assignable, a "soft" or "fuzzy" rule is applied to allow the possibility of using a partially assignable channel. This "feasibility" index, coupled with a "hotness" index for the traffic demand, can usually increase the traffic throughput of the system with only minor quality degradation [21] . Figure 2 is an example of the fuzzy rule used for the feasibility index. For the conventional "crisp-logic"-based methodology, the feasibility of a channel with respect to a particular rule is a value "0" or "1," indicating the rule has been violated or complied with, respectively. The overall feasibility of a channel with respect to all the rules is a product of the individual feasibility value of each rule. Hence, if one rule is violated, the overall feasibility of the channel is "0" and the channel is infeasible for allocation. Using the fuzzy logic methodology, the computation of the overall feasibility is identical except that the feasibility of a channel with respect to a particular channel separation rule (e.g., the minimum frequency separation between two channels used in the same cell, or in the first-, second-, and third-ring neighboring cells) is softened to a number between 0 and 1, depending on how serious the violation is. In Fig. 2 , the feasibility is reduced to 0.5 when channel separation is reduced by one, and "0" for more severe rule violations. Hence, the overall feasibility of a s For the conventional methodology, T h = 1 and the assignment is in a "polite" or conservative mode. By introducing fuzzified rules and reducing T h , more unused channels are allowed to be assigned, reducing blocking probability (the first term in the GoS measure). Clearly, this is an "aggressive" mode of channel assignment which may compromise signal quality (the second term of the GoS measure), especially at low traffic levels, where the assignment should actually be "polite." To prevent this problem, we have introduced a "progressively aggressive" process in the fuzzy-logic-based methodology. While in the progressively aggressive mode, T h starts at "1" and is reduced one step at a time until feasible channels are found. Progressively aggressive schemes always try to maintain the signal-tointerference (S/I) performance before becoming one step too aggressive. Figure 3 shows a simulation result based on a testbed of 144 cells [22] , indicating that five fuzzy-logic-based algorithms (denoted by AFS-DDCA, AFM-DDCA, AMQ-DDCA, AMF-DDCA, and ATMF-DDCA) outperform (with lower GoS) two conventional crisp-logicbased algorithms (denoted by simple and max. avail.). Detailed definitions of all the algorithms are found in [22] .
Medium Access Control for Packetized Access -Packetized access has some potential advantages over conventional circuit-switched access methods because several signal sources can share the same radio channel using statistical multiplexing [23] . Furthermore, future digital networks are likely to integrate multiple sources with packets in the form of asynchronous transfer mode (ATM) cells.
We consider radio resource assignment algorithms for packetized access in the presence of cochannel interference [24] . It is found that the advantage of packetized access is significantly limited by frequency reuse due to the following two reasons:
• Co-channel interference results in packet loss.
•Traffic fluctuations result in significantly lower throughput at some hot spots. One way to improve the performance is to let ports decide the number of traffic slots to be made available for access (for throughput control); they also continuously monitor the interference to assign the "quietest" slots for access (for quality control). 1 We suggest that a lower (higher) fraction of traffic slots be made available for packet access as the number of active slots decreases (increases) [24] . This method permits better slots to be accessed if throughput is likely to be high, while quality control can be relaxed when throughput is likely to be low. Computer simulations based on the example of packetized voice have confirmed that the proposed packet access protocol can support at least twice as many active users per radio port as are supported by circuit access under the same interference conditions. Figure 4 is a typical performance curve which also indicates that packet access having all slots accessed randomly does not yield much improvement over circuit access at 1 percent GoS. Currently, this algorithm is being investigated for applications in mixed voice/data services.
High-Speed Transmission Techniques
Future wireless personal communications systems are expected to support a wide range of high-quality services that require high data rates. These future services are likely to include video and LAN applications which require high-speed transmission rates of several megabits per second. However, communicating at high transmission rates over harsh wireless environments creates many difficult problems. In particular, the ability to achieve high bit rates at low error rates over wireless channels is severely restricted by the propagation characteristics of the wireless environment where signals typically arrive at the receiver via a scattering mechanism, resulting in multiple propagation paths with different time delays, attenuation, and phasors. This causes a spread in delay times, which imposes a limit on the maximum transmission rate. These restrictions manifest themselves as intersymbol interference (ISI), which leads to the introduction of s Figure 2 . Example of feasibility index as a function of channel separation. an irreducible error floor [25] . Therefore, without countermeasures to mitigate the delay spread impairments, the information rate is usually limited to under 1 Mb/s when user mobility prevents steady line-of-sight conditions.
In this section, we summarize research efforts for supporting highspeed transmission (on the order of 10 Mb/s and higher) of data in wireless personal communications without a line-of-sight path. This includes trellis-coded modulation [26] , multicarrier modulation, and new "multicode" modulation methods [11] . Multicode modulation will be discussed in considerable detail.
Multicode Modulation -The effects of delay spread can be mitigated by employing adaptive equalization; but the number of delay taps required for wideband applications with high transmission rates can be prohibitively high. A spread-spectrumbased system can offer an alternative. Unfortunately, because of its inherent bandwidth expansion, a spread-spectrum-based system would require a very large bandwidth in order to achieve this specific advantage. Such a bandwidth will most likely be unavailable for next-generation wireless PCNs.
One possible solution, which has received considerable attention recently, is multicarrier or multitone modulation in which the transmitted data is divided into several interleaved bitstreams which are then used to modulate several subcarriers [27] [28] [29] . However, such an approach often requires equalization in the frequency domain. One way of doing that is to send a training waveform through the channel. The channel information is then fed back from the receiver to the transmitter so that the total transmitted power for the various subchannels can be optimally allocated [29] , which can be quite complex in time-varying wireless channels. An alternative approach is to send subcarrier pilots along with the transmitted information to assist phase and amplitude equalization in multicarrier modulation [26] ; however, this reduces the spectrum efficiency.
We consider another approach, which we refer to here as multicode modulation [11] . In this approach, we divide the incoming high-rate data stream into a number of parallel low-rate bitstreams, as in multitone modulation. However, in contrast to the multicarrier method, here we propose to modulate each low-rate bitstream using directsequence (DS) spread spectrum on a single carrier; hence, the term multicode. Since only a single carrier is employed, spectrum efficiency reduction would be minimized even if a pilot was needed for channel estimation. Obviously, the choice of signature sequences or codes is crucial because these codes must be able to separate the interference between the lowrate bitstreams and their multipath duplicates. Thus, if we can achieve both objectives in the code design, we will be able to reduce the system sensitivity to delay spread, because of the spreading of the signaling interval and the inherent multipath rejection benefit, without spreading the original bandwidth of the transmitted signal. We will summarize our preliminary findings based on some simple codes. Even though it is still not conclusive that this approach is a better alternative compared to multicarrier modulation, the architecture of using only a single carrier makes it easier to incorporate interference cancellation [30, 31] among subchannels. Furthermore, this method can be implemented using simple digital logic circuitry, and the dynamic range of the transmitted waveform is not excessive. Figure 5 shows the proposed multicode modulation system in detail. The incoming data bits with bit duration T b are serial-to-parallel converted into K parallel bitstreams with symbol duration T = NT b where K ≤ N in a similar fashion to multitone modulation. After the serial-to-parallel conversion, the symbols on each low-rate branch are modulated using DS spread-spectrum modulation in which the processing gain for each low-rate stream is N. In the following we consider K = N for maximum spectrum efficiency. Consequently, we can achieve high-rate DS spread-spectrum modulation within the bandwidth of the original high-rate transmission stream while maintaining the advantages of DS spread spectrum, such as multipath rejection. Furthermore, note that each of the DS spread-spectrum modulated low-rate streams passes through exactly the same wireless channel. As a result, power control will not be an issue as it is for multiple access spread-spectrum systems. This common wireless channel also implies that the received delay characteristics will be identical for all lowrate data streams, thus potentially making the receiver design less intricate. For example, if a Rake receiver is required, the delay path search circuitry need be implemented only once rather than repeatedly for each individual low-rate stream. Figure 6 illustrates the potential of the proposed multicode modulation method as applied to the transmission of high bit rates in wireless personal communications over a multipath Rayleigh fading channel. In this figure, we used as an example a bit rate R b = 10 Mb/s. Hence, the low information rate of the parallel data streams is simply R = 10/K MHz. In addition, we have assumed an equal-gain two-ray multipath Rayleigh fading channel whose average power is distributed Circuit switching Random slot assignment Interference-based adaptive slot assignment s Figure 5 . Multicode modulation system model.
according to the delay profile p(t) = 0.5 [δ(t) + δ(t -∆)] where δ(.) is the Dirac delta function and ∆ is the delay difference between two paths [25] . It has been shown that the performance of various communications systems over multipath fading channels is not very sensitive to the delay profile encountered [25] . In fact, if the number of paths is > 2 and a Rake receiver with maximum ratio combining among the various signals from multiple correlators is considered, better results are expected at the expense of higher complexity. 2 Finally, we note that the results presented here are restricted to high signal-to-noise ratio (SNR) or irreducible BER performance. In other words, our main interest is the "irreducible" bit errors which occur at very high SNRs. These errors typically occur because of signal fading and/or ISI caused by multipath delay spread. Figure 6 lists the BER performance results for the proposed multicode modulation scheme when E b /N 0 = 40 dB as a function of the normalized delay spread d′ = τ/T b , where τ is the channel root mean square (rms) delay spread. Specifically, this figure lists the average bit error probability using K = N = 64 Walsh sequences that are multiplied or concatenated with the first 64 bits of an m-sequence with length 127. Note that because the Walsh codes form a complete orthogonal functions set, they would be able to separate the interference between the various data streams. However, because of multipath delay the data streams will exhibit nonzero cross-correlations among paths with different delays. Hence, to reduce the effects of the nonzero cross-correlations, the data streams are concatenated or "scrambled" with the same pseudo-noise (PN) sequence. By doing so, we see from Fig. 6 that, unlike typical irreducible BER which increases rapidly as normalized rms delay spread increases, this method reaches a quasi-stable BER floor once multipath is resolved. This indicates that multicode modulation has the potential to transmit high-speed data. For example, d′ = 6.4 implies that we can support a transmission rate of 1/T b = 10 Mb/s at τ = 0.64 x 10 -6 = 640 ns, which is approximately the upper bound of the rms delay spread in personal communications environments [28] .
The performance of Fig. 6 still has room for improvement since this case is equivalent to using a fully loaded spreadspectrum system (i.e., DS spread spectrum, where the total number of simultaneous data streams is equal to the spreadspectrum bandwidth expansion factor N). One possible solution we have investigated is to use fewer low-rate parallel data streams. By doing so, we were able to improve the overall system performance at the expense of channel bandwidth usage. It is also noted that the performance of spread-spectrum multiple access over multipath fading channels can be significantly improved if one employs some type of diversity, such as selection or maximal ratio combining diversity. This is illustrated in Fig. 6 , which also lists the BER performance when antenna selection diversity of order D = 2 is used. Finally, it is found that performance among subchannels is different; that is, "code-selective" fading exists, similar to frequency-selective fading that occurs in multicarrier modulation. This is because a fixed set of codes is considered in our example. One possibility is to use a long PN sequence with a sliding correlation window of N bits. This may randomize the "codeselective" fading with minor additional complexity. It is expected that coding and interleaving could also help reduce the associated bursty errors and further enhance the performance.
In summary, the results listed in Fig. 6 indicate that multicode modulation can indeed be a potential candidate for highspeed transmission. Another promising approach for improving system performance is cochannel interference cancellation. In a recent study [31] we proposed a multi-user detection methodology for an asynchronous DS/CDMA communications network operating over multipath Rayleigh fading links. The proposed interference cancellation method, similar to that proposed in [30] , is based on a successive co-channel interference cancellation scheme the aim of which is to improve the system performance by incorporating the available information about the interference signals in the decision process. This is done by regenerating estimates of the interfering signals, and then subtracting those reconstructed interference signals from the input of the desired receiver. This process is performed in a cascaded fashion in such a way that more and more of the interference signals are canceled, thereby resulting in a significant performance improvement. This process is performed successively, as described in [31] .
One important attribute of interference cancellation is that one must have relatively good data and channel estimates in order for this iterative scheme to work well. This can be quite difficult to achieve in practice, especially for the CDMA uplink, for which every user has a different set of channel parameters. Therefore, this technique is more of academic interest than for practical application. However, since all data streams belong to the same user for the multicode modulation system, there is only one channel for all the data streams; hence, we need only estimate the channel parameters once. This can be done, for instance, by allocating a pilot channel for that purpose. Furthermore, notice that the signature sequences, a k (t), of all the data streams are known; hence, it is reasonable to expect the proposed interference cancellation method to perform well without requiring complicated implementation in the multicode modulation system. This has been confirmed by computer simulations.
Technologies for Wireless Integrated Circuits
It is extremely important for Hong Kong to develop radio frequency (RF) integrated circuit (IC) technology in order to become competitive in the rapidly growing area of wireless personal communications. Research in this area is currently underdeveloped worldwide due to the difficulty in understanding and coordinating systems, circuit, and device technologies. At HKUST we have a complementary combination of talents in these areas, which will be vital in producing academically significant research while contributing meaningfully to the development of local industries. Our research focuses on developing technologies for monolithic transceivers. The '90s is seeing two major movements in computing and telecommunications technology. First, the personal computer, once primarily used as a standalone applications platform, is now being transformed into a networked communication tool. Second, wireless applications, including cellular and cordless phones as well as pagers and radios, are taking advantage of advances in digital technology and signal processing to bring affordable high-capacity wireless applications to a rapidly expanding market [32] . The emerging personal communication systems are a merger of these two movements, taking place as workforces integrate new technology into their daily operations. Fueling the merger will be advances in IC technology and circuit designs which address power consumption, system size, and cost.
Wireless IC Challenges
Power Consumption -directly impacts operating lifetime and battery size. In addition to lowering supply voltage, companies and researchers are applying low-voltage design techniques, such as current mode approaches [33] . In addition to this, technologies such as SOI offer very good high-frequency performance while improving density and power consumption for baseband circuits [34] . In dense urban environments with small cells such as Hong Kong, useful trade-offs among performance and power consumption should be made.
Reducing Off-Chip Passive Components -is important in reducing size and cost. Each additional component costs circuit board space, increases manufacturing costs, and often introduces parasitics and other unknowns which are much less repeatable than the IC process. Off-chip components often require trimming and tuning, further boosting costs. In particular, much emphasis is placed on reducing the need for offchip components, particularly those for RF signal processing. Reducing the number of signals off-chip also minimizes the number of power-hungry drivers needed to overcome packaging and interconnect parasitics. Technology for integrating some of these passive components into on-chip circuits, which push the performance of alternative RF front-end architectures, is an attractive possibility.
Co-Integration of RF Analog and Digital -is also essential to realizing compact low-power designs. The level of integration in GaAs chipsets is steadily increasing, as is the use of GaAs in digital and baseband functions. At the same time both the high-frequency performance and cost of dense lowpower technologies such as bidirectional complementary metal oxide semiconductor (BiCMOS) and SOI are progressively improving. These silicon technologies are gradually being used for more and more applications at low microwave frequencies. Techniques for isolating analog and RF circuits from the switching noise generated by digital circuits are critical. SOI offers distinct advantages in this and other aspects of technology performance, and is one of the directions being pursued at HKUST.
In many senses this particular area of wireless IC communications is ideal for university research because the chip designs are fairly small; as such, the IC technology required to implement them can come from university cleanroom facilities.
In the following sections, developments in areas listed above will be surveyed. The first section examines how receiver architecture can affect the cost, integrability, and performance of the system. The second section discusses the difficulty in putting high-frequency passive components onchip, and how some of these difficulties can be addressed.
Putting RF Receivers on a Single Chip -A lot of emphasis has been placed on trying to achieve single-chip receivers. This makes sense where significant cost, size, or power savings can be obtained. In order for the entire receiver to be monolithic, the front-end must be realizable using the same device technology as the low-frequency baseband processing circuits, and the design must eliminate or reduce the need for hybridmounted components. Exploring alternative receiver architectures is one way of overcoming these challenges. Research possibilities also lie in attacking the problem head-on by looking at different ways to integrate passive components, particularly inductors, on chip.
Downconversion -Receiver technology for mobile handsets has been dominated largely by heterodyne designs, which downconvert the RF signal to an fixed intermediate frequency (IF) for additional processing. Before downconversion, an RF lownoise amplifier with fixed gain is used to set the noise figure of the system, minimizing the effect of losses due to subsequent processing. The downconversion process requires a stable, tunable RF oscillator at the receiver (the local oscillator, or LO). The LO frequency, f LO is chosen to be slightly different from the RF channel frequency, f RF . The LO and RF are multiplied together using a mixer to produce the IF signal, where
Once downconverted, the signal undergoes large amounts of adjustable amplification combined with filtering. Since the frequency of the filtering is fixed, the receiver can choose different channels by tuning the LO frequency. The downconversion process can be repeated to convert the IF to an even lower frequency. Having done this, the receiver can then select a single channel out of a densely packed spectrum by employing highly selective filtering at the final IF. Since information can be carried on in-phase and quadrature-phase components of the carrier, the receiver system typically includes two branches for receiving each component. Figure 7 shows the block diagram of a generic receiver, and highlights the components that present integration difficulties.
Image Frequencies -Notice that the mixer downconverts two RF signals (one above and one below f LO ) to the same IF, so a filter is needed to choose either the higher or lower RF signal. The undesired RF signal is known as the image. Receivers are designed with a high IF so that the specifications for the image rejection RF filter can be relaxed. Because of this, the first IF filter needs to be at relatively high frequencies, in the 10-100 MHz range. One of the greatest difficulties in achieving monolithic designs is integrating high-perfor- mance on-chip filters at these frequencies. Therefore, both the IF and RF filters typically require offchip components such as surface acoustic wave (SAW) filters. Furthermore, amplifiers operating at a high IF consume more power than their low-frequency counterparts. A key goal in alternative receiver designs is to eliminate these offchip filters while performing the sharp filtering for channel selection using low-frequency, low-power precision ICs.
Alternative Receiver Designs
Direct Conversion -One possibility being explored is to make the LO equal to the RF, thereby converting the signal directly to baseband, where filtering and amplification can take place. Single-sideband signals are processed using RF I and Q separation. Known as the direct conversion (or homodyne) receiver, this architecture has actually been around since the '50s [35, 36] and is widely used in pagers where performance requirements are not stringent due to low data rates. While the direct conversion receiver looks attractive, it faces several challenges which have historically limited its performance:
• The weak RF signal is shifted directly into a noisy DC environment where DC drift, 1/F noise, and low-frequency interference exist. This puts heavy demands on the amplification and dynamic range provided by the RF circuits.
• Sources of interference include not only baseband digital circuits, but also intermodulation distortion of the mixer. This puts stringent requirements on the linearity of the mixer.
• Because the LO and RF are at the same frequency, LO leakage can jam the receiver.
• Very accurate I and Q demodulation at RF is required to recover single-sideband signals. Imbalances in the phase and amplitude of I and Q conversion produce DC drift.
Low-IF Systems -One other alternative receiver architecture is the low-IF system. It relies on precision image-rejection mixers, which greatly reduce demands on or eliminate the need for an image-reject filter, thereby allowing the IF to be low enough to permit high-performance low-frequency IC filtering to be used in place of the off-chip high-IF filters. The low-IF alternative is extremely attractive since it eliminates problems with 1/F noise and DC offset/drift problems. Traditionally, image-reject mixers have required very precise I and Q phase and amplitude matching to achieve good image rejection: 1°phase and 0.2 dB amplitude matching are needed for 40 dB rejection. GSM specifications for image rejection are 60-70 dB (though requirements can be reduced if the image frequency is selected to be in neighboring bands). In the past, low-IF systems using image rejection have not been considered a viable option since hybrid mounted components cannot deliver this precision without tuning. Furthermore, it is difficult to integrate precise quadrature generation on-chip.
Receiver Design Challenges -Advances in circuit design and IC technology in the past decade mitigate many of the problems facing direct conversion and low-IF systems. For example, increased levels of integration at RF permit high gain amplifiers and AGC circuits to be implemented on-chip, compensating for mixer noise at baseband. Adequate mixer/RF isolation combined with shielding are able to reduce the severity of LO jamming. I/Q imbalance offset can be corrected using digital signal processing (DSP) techniques which were not available a decade ago. In fact, Alcatel has already been using a direct conversion chipset in its GSM handsets for a few years.
While numerous bipolar RF front-ends have been described in the literature in the last decade, fewer such CMOS circuits with comparable performance have been published until recently [37] [38] [39] , and can be attributed to advancements in CMOS technology as well as conservatism. Having such CMOS circuits available in a "standard library" would make possible the co-integration of all circuits on one lowcost technology without having to resort to the more expensive BiCMOS.
Mixer design is particularly challenging because of the number of different spurious signals that are naturally produced by mixers. On top of this is the constraint of everfalling voltage rails; a number of recent papers demonstrate the potential of low-voltage designs [40] . One variation of mixing is to take advantage of the linear switches readily available in CMOS technology by sampling the RF signal directly. This can then combined with a technique called subharmonic sampling, which relies on the fact that the signal being sampled contains narrowband information at RF [36, 41] . By deliberately undersampling this signal, the circuit is able to capture the narrowband signal variation and thereby downconvert the signal without high-power high-bandwidth systems. Of course, an anti-aliasing filter is required in front of the sampling circuits. The subharmonic sampling technique is applicable to both the direct conversion and low-IF systems. Two chief advantages of the subharmonic approach is that the LO and RF are now at different frequencies, alleviating the jamming problem greatly. Furthermore, the LO is at a low frequency, and all the associated circuits thus can run at slower speeds using high-Q resonators, making interesting lowpower designs possible.
Important to image rejection mixer performance is a way to generate precise quadrature (I and Q) LO and RF signals on-chip. All methods rely on RC networks such as RC-CR phase splitters [42] and polyphase filters [43] . For subharmonic sampling, one straightforward approach would be to use a ring oscillator running at the subsampling frequency, with identical stages to produce the delay needed for the I and Q. However, to achieve the phase accuracy and low jitter needed for good image reject downconversion, this method is impractical since it requires device and parasitic matching, which exceeds IC capabilities. One of the research projects at HKUST focuses on IC designs for precise I/Q downconversion (Fig. 8) Inductors are difficult to miniaturize and integrate on a chip; typical attempts at integrating them require nonstandard micromachining or other process innovations, and result in components that consume excessive chip area [37] . Designs using active filters and active implementations of components have also been used [44] . Such filters typically offer poor noise performance, and also are not suitable for personal communications applications where low power consumption is a chief constraint. Passive SAW filters are currently prevalent as IF filters in handheld applications and are not process-compatible with either GaAs or silicon IC technology. These components also require power-hungry driver circuits.
Study of the hand-portable market indicates that savings in the range of 20-30 percent can result if the passive component purchase and assembly cost were eliminated with on-chip integration [45] . These savings do not yet take into account the features obtained in an integrated passive solution, namely lighter weight and lower power consumption.
Material Advances Vital to Achieving Success -A number of possibilities for on-chip solutions are currently being developed. These include thin-film bulk-acoustic resonators (FBAR), which potentially offer compact, high-Q filter implementations [46] . On the downside, they also require micromachining and utilize piezoelectric materials which are difficult to control in processing. In the last three years, a number of research efforts have been successfully developing magnetic materials with high permeabilities at RF frequencies, although none have demonstrated IC passive components utilizing these materials [47] . Permeabilities of 100-300 have been measured at frequencies in the low gigahertz range. An active research project at HKUST involves the study and development of integrated RF piezoelectric and magnetic materials and their effective use in practical IC components (Fig. 9) . By using these materials, the inductance per wire length can be increased dramatically while parasitics remain relatively constant.
In addition to examining the components and materials themselves, mature packaging and manufacturing techniques such as MCM flip-chip bonding offer low-parasitic means of connecting separately fabricated high-frequency ICs and components [48] . This alleviates the pressure of trying to do everything in one IC process. Flip-chip bonding can also be applied to putting GaAs front-ends on silicon baseband circuits, or any application where large-area circuits, sensors, or micromachining are needed in conjunction with high-performance ICs [49] .
Conclusion -Given the discussion presented above, it is the authors' opinion that we should expect to see an increasing number of compact PCS applications relying on alternative receiver technologies to reduce size, power consumption, and cost. IC passive component technology for RF applications is showing promising advances as it attracts increasing attention. The advent of high-performance integrated RF filters, resonators, and other high-frequency signal processing components on-chip will also significantly contribute to increases in performance and portability of PCS.
Conclusions
H
ong Kong, as one of the most dynamic cities in the world, has greatly benefited from application of wireless communications. Strong market demand and a regulatory agency willing to accept different technologies together create a unique situation where many wireless systems and services coexist in a small but densely populated area. Even though all the technologies were created elsewhere, making them work harmoniously in this challenging propagation environment demands excellent engineering and planning. Strong competition among operators further encourages innovative packaging of services being introduced, thus making some services such as CT-2 succeed beyond what they do elsewhere in the world. We have described in detail these Hong Kong experiences, which can be considered good examples of basic personal communications.
As new personal communications services are being introduced, however, Hong Kong is also changing in that it is now investing in science and technology. Contrary to its previous role as technology user and service innovator, Hong Kong may play an increasing role in technology creation. Some examples of research effort in wireless personal communications at the Hong Kong University of Science and Technology are given in this article. wireless access to the information network. He has published widely on various aspects of wireless communications, including radio techniques, system architecture, resource management, and prototype implementation. 
